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Substitute Specification 



AUDIO IDENTIFICATION SYSTEM AND METHOD 

This application claims priority to provisional patent Application No. 60/218,824, filed July 18, 
2000, and is a continuation-in-part of U.S. patent Application No. 09/420,945, filed October 19, 
1999 (incorporated herein by reference), which claims priority to U.S. provisional patent 
Application No. 60/155,064, filed September 21, 1999. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

[0001] The present invention relates to an apparatus and method for selectively capturing fi-ee- 
field audio samples and automatically recognizing these signals. The audio signals may be 
transmitted, for example, via cable or wireless broadcast, computer networks (e.g., the Internet), 
or satellite transmission. Altematively, audio recordings that are played locally (e.g., in a room, 
theater, or studio) can be captured and identified. The automatic pattern recognition process 
employed allows users to select music or other audio recordings for purchase even though they 
do not know the names of the recordings. Preferably, the user uses a hand-held audio capture 
device to capture a portion of a broadcast song, and then uses the captured portion to access a 
site over the Internet to order the song. 

2. Related Art 

1 
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[0002] The need to identify audio broadcasts and recordings is a necessary step in the sales of 
compact discs, tapes and records. This has been made more difficult in many broadcast formats 
where the names of songs and artists are not provided by disc jockeys. To counter this problem, 
systems have been proposed that use a small electronic device to record the time that desired 
recordings are transmitted. These recorded time markers are then transmitted using the Internet 
to a web site that maintains logs of what songs were being transmitted on various broadcast 
stations. The users are then only required to know which broadcast stations they were listening 
to when the time was marked and stored. The assumption is that listeners typically stick to one 
or a few broadcast stations. A problem arises for listeners who frequently switch stations. An 
additional problem is the need to acquire and maintain logs from a potentially large number of 
stations. Radio and television stations may not always be willing to provide their air-play logs. 
As a result it may be necessary to construct these logs using manual or automatic recognition 
methods. 

[0003] The need for automatic recognition of broadcast material has been established as 
evidenced by the development and deployment of a number of systems. The uses of the 
recognition information fall into several categories. Musical recordings that are broadcast can be 
identified to determine their popularity, thus supporting promotional efforts, sales, and 
distribution of media. The automatic detection of advertising is needed as an audit method to 
verify that advertisements were in fact transmitted at the times that the advertiser and broadcaster 
contracted. Identification of copyright protected works is also needed to assure that proper 
royalty payments are made. With new distribution methods, such as the Internet and direct 
satellite transmission, the scope and scale of signal recognition applications are increased. 
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[0004] Prospective buyers of musical recordings are now exposed to many more sources of 
audio than in the past. It is clearly not practical to create and maintain listings of all of these 
recordings from all of the possible audio sources indexed by time and date. What is needed is a 
methodology for capturing and storing audio samples or features of audio samples. Additionally, 
a method and a system are needed for automatically identifying these samples so that they can be 
offered by name to customers for purchase. 

[0005] Automatic program identification techniques fall into the two general categories of 
active and passive. The active technologies involve the insertion of coded identification signals 
into the program material or other modification of the audio signal. Active techniques are faced 
with two difficult problems. The inserted codes must not cause noticeable distortion or be 
perceptible to listeners. Simultaneously, the identification codes must be sufficiently robust to 
survive transmission system signal processing. Active systems that have been developed to date 
have experienced difficulty in one or both of these areas. An additional problem is that almost 
all existing program material has not been coded. 

[0006] Passive signal recognition systems identify program material by recognizing specific 
characteristics or features of the signal. Usually, each of the works to be identified is subjected 
to a registration process where the system learns the characteristics of the audio signal. The 
system then uses pattem matching techniques to detect the occurrence of these features during 
signal transmission. One of the earliest examples of this approach is presented by Moon et al. in 
U.S. Patent 3,919,479 (incorporated herein by reference). Moon extracts a time segment firom an 
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audio waveform, digitizes it and saves the digitized waveform as a reference pattem for later 
correlation with an unknovra audio signal. Moon also presents a variant of this technique where 
low bandwidth amplitude envelopes of the audio are used instead of the audio itself However, 
both of Moon's approaches suffer from loss of correlation in the presence of speed differences 
between the reference pattem and the transmitted signal. The speed error issue was addressed by 
Kenyon et al. in U.S. Patent 4,450,531 (incorporated herein by reference) by using multiple 
segment correlation functions. In this approach the individual segments have a relatively low 
time-bandwidth product and are affected little by speed variations. Pattem discrimination 
performance is obtained by requiring a plurality of sequential patterns to be detected with 
approximately the correct time delay. This method is accurate but somewhat limited in capacity 
due to computational complexity. 

[0007] An audio signal recognition system is described by Kenyon et al. in U.S. Patent 
4,843,562 (incorporated herein by reference) that specifically addresses speed errors in the 
transmitted signal by re-sampling the input signal to create several time-distorted versions of the 
signal segments. This allows a high resolution fast correlation function to be applied to each of 
the time warped signal segments without degrading the correlation values. A low resolution 
spectrogram matching process is also used as a queuing mechanism to select candidate reference 
pattems for high resolution pattem recognition. This method achieves high accuracy with a large 
number of candidate pattems. 

[0008] Lamb et al. describe an audio signal recognition system in U.S. Patent 5,437,050 
(incorporated herein by reference). Audio spectra are computed at a 50 Hz rate and are 
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quantized to one bit of resolution by comparing each frequency to a threshold derived from, the 
corresponding spectrum. Forty-eight spectral components are retained representing semi-tones 
of four octaves of the musical scale. The semi-tones are determined to be active or inactive 
according to their previous activity status and comparison with two thresholds. The first 
threshold is used to determine if an inactive semitone should be set to an active state. The 
second threshold is set to a lower value and is used to select active semi-tones that should be set 
to an inactive state. The purpose of this hysteresis is to prevent newly occurring semi-tones from 
dominating the power spectrum and forcing other tones to an inactive state. The set of 48 
semitone states forms an activity vector for the current sample interval. Sequential vectors are 
grouped to form an activity matrix that represents the time-frequency structure of the audio. 
These activity matrices are compared with similarly constructed reference patterns using a 
procedure that sums bit matches over sub-intervals of the activity matrix. Sub-intervals are 
evaluated with several different time alignments to compensate for speed errors that may be 
introduced by broadcasters. To narrow the search space in comparing the input with many 
templates, gross features of the input activity matrix are computed. The distances from the 
macro features of the input and each template are computed to determine a subset of patterns to 
be fiirther evaluated. 

[0009] Each of the patents described above addresses the need to identify broadcast content 
from relatively fixed locations. What is needed for automated music sales is a method and 
apparatus for portable capture and storage of audio samples or features of audio samples that can 
be analyzed and identified at a central site. Additionally, a method and apparatus are needed for 
transmitting said samples to the central site and executing sales transactions interactively. 
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SUMMARY OF THE INVENTION 



[0010] It is an object of the present invention to overcome the problems and limitations 
described above and to provide a method and system for capturing a plurality of audio samples, 
optionally extracting features of the audio, and storing the audio samples or audio features within 
a small handheld device. It is an additional object of the present invention to provide a method 
and system for transmission of said samples to a central location for identification using pattern 
recognition techniques. It is an additional object of the present invention to provide a method 
and system for recognizing audio data streams with high accuracy. It is still an additional object 
of the present invention to provide a method and system to facilitate the interactive acceptance 
and processing of orders for the purchase of musical recordings. 

[0011] In one aspect of the present invention, recognizing free-field audio signals is 
accomplished by structure and/or steps whereby a hand-held device having a microphone 
captures free-field audio signals. A local processor, coupleable to the hand-held device, 
transmits audio signal features corresponding to the captured free-field audio signals to a 
recognition site. One of the hand-held device and the local processor includes circuitry which 
extracts a time series of spectrally distinct audio signal features from the captured free-field 
audio signals. A recognition processor and a recognition memory are disposed at the recognition 
site. The recognition memory stores data corresponding to a plurality of audio templates. The 
recognition processor correlates the audio signal features transmitted from the local processor 
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with at least one of the audio templates stored in the recognition processor memory. The 
recognition processor provides a recognition signal based on the correlation. 

[0012] In another aspect of the present invention, structure and/or steps for a hand-held device 
to capture audio signals to be transmitted from a network computer to a recognition site, the 
recognition site having a processor which receives extracted feature signals that correspond to 
the captured audio signals and compares them to a plurality of stored song information, includes 
structure and steps for: (i) receiving analog audio signals with a microphone; (ii) A/D converting 
the received analog audio signals to digital audio signals; (iii) extracting spectrally distinct 
feature signals from the digital audio signals with a signal processor; (iv) storing the extracted 
feature signals in a memory; and (v) transmitting the stored extracted feature signals to the 
network computer through a terminal. 

[0013] According to yet another aspect of the present invention, a recognition server in an 
audio signal recognition system having a hand-held device and a local processor, the hand-held 
device capturing audio signals and transmitting to the local processor signals which correspond 
to the captured audio signals, the local processor transmitting extracted feature signals to the 
recognition server, includes structure and/or steps for receiving the extracted feature signals from 
the local server through an interface, and storing a plurality of feature signal sets in a memory, 
each set corresponding to an entire audio work. Processing circuitry and/or steps are provided 
for (i) receiving an input audio stream and separates the received audio stream into a plurality of 
different frequency bands; (ii) forming a plurality of feature time series waveforms which 
correspond to spectrally distinct portions of the received input audio stream; (iii) storing in the 
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memory the plurality of feature signal sets which correspond to the feature time series 
waveforms, (iv) comparing the received feature signals with the stored feature signal sets, and 
(v) providing a recognition signal when the received feature signals match at least one of the 
stored feature signal sets. 

[0014] In another aspect of the present invention, apparatus and/or method for recognizing an 
input data stream, includes structure and/or function for: (i) receiving the input data stream with 
a hand-held device; (ii) with the hand-held device, randomly selecting any one portion of the 
received data stream; (iii) forming a first plurality of feature time series wavefomis 
corresponding to spectrally distinct portions of the received data stream; (iv) transmitting to a 
recognition site the first plurality of feature time series waveforms; (v) storing a second plurality 
of feature time series waveforms at the recognition site; (vi) at the recognition site, correlating 
the first plurality of feature time series waveforms with the second plurality of feature time series 
waveforms; and (vii) designating a recognition when a correlation probability value between the 
first plurality of feature time series waveforms and one of the second plurality of feature time 
series waveforms reaches a predetermined value. 

[0015] In a further aspect of the present invention, the title and performer of the recognized 
audio is provided to the user who originally captured the audio sample. The user may then be 
offered the option of purchasing a recording of the recognized audio. 



BRIEF DESCRIPTION OF THE DRAWINGS 
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[0016] Other advantageous features of the present invention will be readily understood from 
the follovsdng detailed description of the preferred embodiments of the present invention w^hen 
taken in conjunction with the attached Drawings in which: 

[0017] Figure 1 illustrates a system model of the operation of the audio capture and 
identification system. 

[0018] Figure 2 shows the components of an audio capture device used to acquire samples of 
audio for transmission to the host site. 

[0019] Figure 3 illustrates the components of the remote sites that are used to perform audio 
signal identifications 

[0020] Figure 4 is a diagram of the audio interface and signal processor that is used in the 
pattern initialization system according to a preferred embodiment to acquire audio at the host site 
and extract features for use in reference pattem generation. 

[0021] Figure 5 depicts the preferred processes for extracting features from audio waveforms. 

[0022] Figure 6 illustrates a typical audio power spectrum and the partitioning of this spectrum 
into several frequency bands. 
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[0023] Figure 7 illustrates several feature time series waveforms. 

[0024] Figure 8 illustrates the partitioning of a single feature waveform into overlapped 
segments. 

[0025] Figure 9 shows the signal processing steps that are preferably used to generate a 
reference pattem data structure from the feature time series waveforms. 

[0026] Figure 10 illustrates the preferred structure of a database reference pattem entry. 

[0027] Figure 1 1 illustrates the preferred preprocessing of features that may occur prior to real- 
time pattem recognition. 

[0028] Figure 12 shows the preferred strategy and procedure used to identify a work using a 
subset of available features. 

[0029] Figure 13 illustrates the preferred feature correlation process between an unknown 
feature complex spectrum and a candidate reference pattem complex spectrum. 

[0030] Figure 14 is an example of a feature correlation function containing a detection event. 

[0031] Figures 15(A), 15 (B), and 15 (C) illustrate how false detection probabilities are derived 
from a distribution of random correlation values. 
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DETAILED DESCRIPTION OF 
THE PRESENTLY PREFERRED EXEMPLARY EMBODIMENT 



L Overview 

[0032] The preferred embodiment is directed to a technology and system for audio sample 
capture and the automatic identification of signals using a method known as passive pattern 
recognition. As contrasted with active signal recognition technology, which injects identification 
codes into the recorded material, the passive approach uses characteristics or features of the 
recording itself to distinguish it from other possible audio inputs. While both methods have their 
advantages, passive approaches are most appropriate for audio sample identification. There are 
several reasons for this. First, coded identification signals that are added to the audio material in 
active systems are frequently detectable by a discerning ear. When the code injection level is 
reduced to the point that it is inaudible, the reliability of the code recovery suffers. Further, the 
injected codes are often destroyed by broadcast processing or signal processing necessary to 
distribute audio on computer networks. However, the most important shortcoming of the active 
technologies is that there are millions of works in distributions that have not been watermarked. 
This material cannot be identified; only new releases that have been processed to inject codes 
can be detected automatically using active techniques. Active techniques are therefore not 
appropriate for audio sample capture using a small portable device and subsequent automatic 
identification. 

[0033] In contrast, passive pattern recognition systems leam the distinctive characteristics of 
each audio recording. During a training procedure, works that are to be identified are analyzed 
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and features of the audio are processed into templates to be recognized later. These, templates 
are stored at a central recognition site. Unknown audio samples that are captured by users are 
then transferred to the central site for analysis and comparison with the features of each known 
pattern. Note that it is possible to transfer the audio samples themselves or to compute and 
transfer only the features of the audio samples. When the properties of the unknown audio 
sample match one of the template sets stored in a database, the imknown sample is declared to 
match the work that was used to produce the corresponding templates. This is analogous to 
fingerprint or DNA matching. By properly selecting the features of the audio that are used to 
construct the stored templates this process can be extremely reliable, even in cases where the 
signal has been significantly degraded and distorted by environmental noise. The system can, of 
course, learn to recognize any work, old or new. 

[0034] In most implementations of passive signal recognition technology, the templates stored 
in the database are derived fi'om a single time interval of a recording that may range from several 
seconds to a minute in duration. The system then monitors each input channel continuously, 
searching for a match with one of the templates in the database. In this configuration the system 
has only learned a small piece of each recording that it must recognize. As the system searches 
for audio pattern matches from its input channels, it must repeatedly acquire signal segments and 
compare them with database entries. The system must continuously monitor each of its input 
channels. Otherwise, a time segment that matches one of the database templates could occur 
when the system is not monitoring a particular channel. Clearly this approach is not suitable for 
an application where a consumer wishes to capture only a short sample of a recording for 
subsequent automatic identification. 
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[0035] The preferred embodiment according to the present invention is designed differently. 
Instead of learning a single time segment from each audio recording, all of the time segments 
comprising each work are learned and stored in a pattern database. While this increases the size 
of the pattern database, the size is not unreasonable. Signal recognition is accomplished from a 
single input signal sample block. Once an audio sample block has been captured and stored, it is 
compared with all stored templates from all recordings in the database. 

[0036] The recognition system architecture according to the present invention is a distributed 
network of specially equipped computers. This network can grow in a uniform way to expand 
the number of input ports or the number of audio recordings in the database. Audio samples or 
features are delivered to the recognition system via the Internet or other similar means. These 
audio samples are captured from free-field audio from virtually any source. These sources 
include Internet transmission of audio recordings, broadcast, or locally played recordings. 
Regardless of the signal source, the pattern recognition processes involved are the same. 

[0037] The present invention utilizes an initialization or registration process to produce 
templates of recordings that are later to be identified. In this process, audio signals are digitized 
and processed to extract sequences of important features. These features generally represent 
measurements of energy present in different portions of the audio spectrum. Sequences of these 
measurements comprise time series data streams that indicate the dynamic structure of the signal. 
The multiple feature streams are then broken into overlapping time intervals or segments of 
several seconds each that cover the entire recording. The audio features from each segment are 
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analyzed to determine which features carry the most descriptive information about the segment. 
Features are then rank-ordered according to their information content, and the best features are 
selected to construct a template of a particular segment. Note that each segment may use a 
different subset of available features, and they may be ordered differently within each segment. 
The features are then normalized and fast Fourier transformed to produce complex spectra that 
facilitate fast feature correlation. In addition, each feature is correlated with a large number of 
similar features stored in the pattern library. This allows us to estimate the standard deviation of 
correlation values when the segment is not present in the input stream. From this we can predict 
the probability that a particular peak correlation value occurred randomly. The rank-ordered 
features, normalization factors, and feature standard deviations are stored as structured records 
within a database entry representing the entire work. 

[0038] The signal recognition process operates on unknown audio signals by extracting 
features in the same manner as was done in the initialization process. However, instead of 
capturing the entire work, it is only necessary to acquire a single snapshot or time sample equal 
in duration to that of a template segment; in the present embodiment, about 6 seconds. All 
available features are computed from the unknown audio sample. Note that the feature 
extraction can be performed in the portable sampling device or at the central site. For each time 
segment of each pattern in the database the most descriptive feature is correlated with the 
corresponding feature measurement from the unknown input signal. Based on the peak value of 
the correlation fimction and the standard deviation of background correlations computed during 
initialization, an estimate is made of the probability that the correlation occurred randomly. If 
the probability is low enough, the pattern is placed on a candidate list. Patterns on the candidate 
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list are then further evaluated by correlating the next most valuable feature of each pattern 
segment on the candidate list with the corresponding features of the unknown input. The 
probability of random (false) correlation is then estimated for this feature as well. Assuming 
statistical independence of the two feature correlations, the probability that the two events 
happened randomly is the product of the individual probabilities. This process is repeated using 
additional features until the probability that a detection event occurred at random is low enough 
that there is confidence that the detection is legitimate. Patterns on the candidate list that exceed 
the probability of false detection threshold are deleted. 

[0039] This iterative process of evaluating additional features results in a drastic reduction in 
the computational load. For example, assume that for each feature correlation, only five percent 
of the candidate patterns produce false alarm probabilities below the threshold for further 
consideration. Then, 95% of the candidates will be disregarded on each feature correlation pass. 
If we use four features, the total number of correlations Nc that must be computed is 

Nc^ (1+.05 + (.05)'+ (.05) ') * (1) 

where Np is the total number of patterns in the database. In this case Nc = 1.052625 * A^p. The 
use of four features requires only slightly more computation than a single feature. By 
comparison, if this iterative rejection of candidates was not used Nc= 4 * Np correlations would 
have been required. The savings in computation is substantial, and increases as more features 
are used. This allows the system to operate with a larger database searching for more patterns, or 
to process more identification requests using the same computational resources. 
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[0040] The preferred pattern recognition algorithm is based on computing cross correlation 
functions between feature time series data extracted from the unknown audio samples and 
reference patterns or templates derived from the signal to be identified. The performance of the 
correlation function is determined by the amount of information contained in the pattern. If there 
is too little information in the pattem, it will have a high false alarm rate due to random 
correlations exceeding the detection threshold. If there is too much information in the pattem, 
small variations or distortions of the input signal will degrade the value of the correlation peak 
causing detections to be missed. For the preferred embodiment, the information content of a 
pattem is equal to its time-bandwidth product. It has been found that a time-bandwidth product 
of 80-100 provides low false alarm rates while still being tolerant of distortion typical in a 
broadcast environment or environmental background noise. A pattem duration of 10 seconds 
would therefore need a bandwidth of 8-10 Hz to produce the desired performance. This 
bandwidth can be from a single information stream or from several separate streams with less 
bandwidth, provided that the individual streams are statistically independent. Similarly, several 
time segments of low bandwidth may be used to produce the needed time bandwidth product. 

[0041] The correlation ftinction or matched filter response can be implemented in the time 
domain by integrating the products of time series samples of the template and a corresponding 
number of samples of the unknown input series and then properly normalizing the result. 
However, the process should be repeated for each time delay value to be evaluated. The 
computational load, however, may not be acceptable. A better technique known as fast 
convolution is preferred that is based on the Fast Fourier Transform algorithm. Instead of 
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directly computing each correlation value, an entire block of correlation values is computed as 
the inverse Fourier transform of the cross-power spectrum of the template time series and a block 
of input data samples. The result may be normalized by the product of the standard deviations of 
the input and the template. Furthermore, if correlations are to be computed continuously the 
template or reference pattem can be padded v^ith zeros to double its length and the input data 
may be blocked into double length buffers. This process is repeated using overlapped segments 
of the input data and evaluating the values of the first half of the resulting correlation function 
buffers. In this method, the input stream is monitored continuously. Any occurrence of the 
reference pattem in the input stream will be detected in real time. 

[0042] The method used in the preferred embodiment uses a fast correlation approach where 
the roles of template and input data are reversed. In this approach, a sequence of overlapped data 
buffers are acquired from the entire audio time series to be recognized during the initialization 
process. A set of templates is then created as the fast Fourier transform of the normalized data 
buffers. As is well known in signal recognition technology, a post correlation normalization may 
be used to adjust for the signal power present in the portion of the template where the input block 
occurs. To accomplish this, a set of RMS amplitude values is computed for each of the possible 
time delays. These values are computed and stored in the pattem data structure during 
initialization. 

[0043] In the recognition process, a block of feature data from the unknown audio sample is 
acquired from the input stream and normalized to a fixed total power. It is then zero-filled to 
double its length and Fourier transformed to produce a complex spectrum. The input spectrum is 
then vector-multiplied by each of the template spectra. The resulting cross power spectra are 
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then inverse Fourier transformed to produce a set of correlation functions. These raw correlation 
functions are then normalized by dividing each value in the correlation by the corresponding 
RMS value stored in the pattern data structure. The correlation values range from 1.0 for a 
perfect match to 0.0 for no match to -1.0 for an exact opposite. Further, the mean value of these 
correlations will always be 0.0. By computing correlation functions for multiple features and 
combining them according to their statistical properties, an efficient and accurate method of 
recognizing multivariate time series waveforms is provided. 

[0044] The method of the present invention uses multiple feature streams extracted from the 
audio. This allows the template generation and the recognition process to be tailored to the most 
distinctive aspects of each recording. In addition, the pattern recognition process is staged to 
conserve processing capacity. In this approach, an initial classification is performed using only 
one or two features. For each feature correlation that is evaluated within a particular time 
segment, the system estimates the probability that such an event could occur randomly. 
Candidate patterns vAth a low probability of random occurrence are examined further by 
computing the correlation vAth an additional feature. Correlation peaks are matched within a 
time window and the probability that the new feature correlation occurred randomly is estimated. 
The system then computes the probability of simultaneous random correlation as the product of 
the individual probabilities (assuming statistical independence). If this joint probability is below 
a predetermined detection threshold, it is determined that the event represents a valid recognition 
and the detection is reported. If the joint probability is above a separate predetermined rejection 
threshold, the event is deemed to be a false alarm and the pattern is no longer considered a 
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candidate for recognition. Otherwise, an additional feature correlation is computed and the joint 
probability is updated to include the new feature information. 

[0045] This process is repeated until a decision has been made or all features have been 
evaluated. The basis for relating correlation values to probabilities is the standard deviation of 
feature correlations between pattern templates and a large database of similar features extracted 
from different recordings stored in the pattern database. This is performed during initialization 
of each recording. Since these correlations have approximately a normal distribution, the 
cumulative distribution function can be used to estimate the probability that a particular 
correlation value occurred randomly. 

[0046] The pattem recognition system is driven to a large degree by the structure of the pattern 
database. In order to support a variety of operational modes and signal types, a pattem data 
structure has been devised that is hierarchical and self-descriptive. Since the system must be 
capable of identifying randomly selected audio samples, a generalized representation of feature 
streams has been devised that allows the most effective features to be used for each segment. 
Other segments of the same recording may use completely different feature sets. One aspect that 
is common to all features is that they are preferably represented as a time series of measurements 
of certain characteristics of the audio. 

[0047] A reference pattern is preferably structured as a three-layer hierarchy. At the top level 
the pattem identification code and pattem type are indicated in the first two words. The third 
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word indicates the number of time segments in the pattern. Next is a list of pointers to segment 
descriptor blocks followed by a checksum to assure block integrity. 

[0048] Each segment descriptor block carries forward the pattern identification code and the 
pattern type as the first two words in the block header. Next is the segment number indicating 
which time interval is represented. The fourth word indicates the number of features in the 
current segment block. Next is a list of pointers to feature data blocks followed by a checksum. 

[0049] The third level in the hierarchy is the feature data block level. In addition to header 
information, these blocks actually contain pattern feature data. The first three words carry the 
pattern identification code, pattern type and the segment number as was the case in the segment 
descriptor block. The fourth word in the feature data block indicates the feature type. The 
feature type word is used to select which feature stream from the input is to be compared with 
this block. Next is a scale factor that is used to adjust the relative gain among features to 
maintain precision. This is used since the feature time series data are preferably normalized to 
preserve dynamic range. The standard deviation of background (false alarm) correlations is 
stored along with detection and rejection probability thresholds. Next in the feature data block is 
a frequency domain matched filter derived from the normalized feature data. (Correlation and 
matched filtering are mathematically equivalent operations where the "template" and "filter" are 
substantially the same thing. In the preferred embodiment, templates are stored as complex 
spectra representing the amplitude and phase response. The maximum output value occurs when 
the spectrum of the unknown input is the complex conjugate of the template at every frequency.) 
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The feature normalization array is stored next in compressed form. At the end of the block is a 
checksum, again to assure data structure integrity. 

[0050] In addition to the signal feature data structures that are stored in the reference pattem 
database are a set of structures that provide information about the work itself such as the name, 
type, author, and publisher of each work. Various industry standard identification codes such as 
ISWC (International Standard Musical Work Code), ISRC (International Standard Recording 
Code), and ISCI (International Standard Coding Identification) are stored in the pattem database. 
Also included in this structure may be the media source type, work duration, and the date and 
time of pattem initialization. These structures are indexed by the same Pattem ID code used to 
reference the signal feature data stmctures. The work description data are used to report 
information that is useful to users. 

2. Stmctures and Functions 

[0051] The preferred embodiment of the invention comprises a signal collection and 
identification system that is capable of capturing samples of a local audio environment 1 
containing musical recordings or other audio sources. These sources may include conventional 
broadcast, satellite distribution feeds, intemet and data distribution networks, and various 
subscription services. Users of the system carry a small digital recording device 2 that allows 
audio samples to be digitized and stored in a local memory. Optionally, recognition features are 
extracted, compressed, and stored in the digital recording device 2 instead of the audio 
waveform, to conserve memory. Later, the user transfers these audio samples or audio features 
using a personal computer 3 or other electronic means to a recognition facility 4 where they are 
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identified. Once a sample has been identified as being part of a recording that is contained in the 
recognition system database 5, the corresponding recording is played for the user so that the user 
can confirm that the recording is, in fact, the one that the user has sampled. If the user confirms 
the identification, the system offers the opportunity to purchase the recording in an on-line or 
interactive maimer. A purchased recording may be provided fi-om local retail stock, shipped 
from a central warehouse, or transferred electronically. These operations and procedures are 
illustrated in Figure 1 . In Figure 1 , a brief free-field sound sample from an audio source such as 
a radio, television receiver, a CD player, a personal computer, a phonograph player, etc. is 
captured by a small hand-held device and is stored in a digital memory. Captured samples of the 
audio or audio features are later loaded into a personal computer that is connected to a host site 
containing reference patterns derived from music offered for sale. An audio identification 
system located at the host site then identifies the samples and transmits the names of the 
corresponding recordings and returns these names and a brief sound clip to the user for 
confirmation. The user is then offered the opportunity to purchase the recording. 

[0052] A typical audio capture device is shown in Figure 2. This device may be separate or 
may be embedded in other electronic devices such as cellular telephones, PDA's (personal digital 
assistants like Palm Pilots™, or any type of portable radio receiver. The preferred embodiment of 
the audio capture device includes a small microphone 6 to acquire the audio signal and an analog 
to digital converter 7 that includes necessary signal conditioning such as pre-amplifiers and anti- 
aliasing filters. The output of the analog to digital converter 7 comprises a digital time series 
representing the voltage waveform of the captured audio signal. When a user hears a song that 
he or she would like to identify for possible purchase, a start button 8 is depressed to begin 
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capture of the audio sample. A fixed duration sample block from the analog to digital converter 
7 is then transferred to digital signal processor 9. The digital signal processor 9 may then format 
and label the captured audio block for storage in a non-volatile memory such as flash memory 
10. Alternatively, the digital signal processor 9 may perform feature extraction and store only 
the highly compressed recognition features in flash memory 10. Since the audio capture device 
is only active during the signal acquisition and storage processes, it can be powered by a small 
battery 11 with long battery life expectations. The captured audio samples or audio feature 
samples are later transferred to a personal computer using data link 12. This data link may be 
any of the common standards such as RS-232, IEEE-1394, USB, or IrDA. 

[0053] To accomplish the audio identification, the audio samples or audio feature samples are 
transferred to a host site as illustrated in Figure 3, preferably using the Intemet 13. Figure 3 
shows the components of the remote sites that are used to perform audio signal identifications. 
These may include the website host, pattem recognition subsystems, a pattern initialization 
system for generating reference patterns from recordings, and the necessary databases. The 
preferred exemplary embodiment of the host site is configured as a distributed network of 
computer subsystems where each subsystem has specific fimctions. Users communicate via the 
Intemet 13 with a website 14 and transmit their audio samples for identification. These samples 
are in turn transferred from the website 14 to one or more pattem recognition subsystems 16. 
The pattem recognition subsystems 16 then compare the features of the user-supplied audio 
samples with similar feature data stored in a master pattem database 18. In order to create 
reference patterns, one or more pattem initialization subsystems 17 process audio signals from 
physical media or electronic sources to create templates of audio feature vectors. These are 
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formatted and stored in the master partem database 18. When audio samples from the user are 
matched with templates in the master partem database 18, the detection results are indexed with 
corresponding data in the management database system 15 such as the name of the song and the 
artist. This information is transmirted through the website 14 to the user using the Internet 13. 
[0054] The partem initialization subsystems 17 accept complete audio works that are to be 
entered into the master partem database 18. These subsystems perform feature extraction in the 
same manner as in the audio sample capture processing. However, instead of constructing brief 
packets of features for identification, the initialization subsystems 17 extract continuous feature 
waveforms from the entire work. The feature waveforms are then broken into overlapping time- 
series segments and processed to determine which features should be used for signal recognition 
and in what order. The resulting reference partem data structures are stored in the master partem 
database 18. These partems are subsequently transferred to the partem recognition subsystems 
16 for comparison with the unknown input feature packets. 

[0055] The website computer(s) 14 interacts with users who may transmit audio samples or 
audio feature blocks for identification. If feature extraction has been performed in the audio 
capture device, the feature blocks may be transferred directly to partem recognition subsystems 
16 for identification. Otherwise, the feature extraction process is performed using an audio 
interface and signal processor board as illustrated in Figure 4. Note that this type of signal 
processor is also used in the partem initialization subsystem 17 to extract features for generation 
of reference partems for storage in the master partem database. 
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[0056] The pattern initialization subsystem comprises a host computer and one or more 
speciaUzed signal processor circuit boards that perform the actual feature extraction. The audio 
interface and signal processor according to the preferred embodiment is illustrated in Figure 4. 
In this example, up to eight audio sources can be simultaneously processed. In this way, 
multiple workstations can be supported for adding entries to the database. Analog audio inputs 
are connected to analog anti-alias lowpass filters 19 to restrict the maximum audio frequency (to 
3.2 kHz in this example). The outputs of these filters are connected to a channel multiplexer 20 
that rapidly scans the filter outputs. In this example with eight channels sampled at 8 kHz each, 
the channel multiplexer 20 switches at a 64 kHz rate. The channel multiplexer output is 
connected to an analog to digital converter 21 that operates at the aggregate sample rate 
producing a multiplexed time series of the selected sources. 

[0057] The output of the analog to digital converter 21 is transmitted to a programmable digital 
signal processor 22 that performs the digital processing of the audio time series waveforms to 
extract features and construct the feature packets that are to be recognized. Digital signal 
processor 22 may comprise a special purpose microprocessor that is optimized for signal 
processing applications. It is connected to a program memory 24 (where programs and constants 
are stored) and a data memory 23 for storage of variables and data arrays. The digital signal 
processor 22 also connects to the host computer bus 26 using an interface such as the PCI bus 
interface 25 for exchange of data between the digital signal processor and the host computer. 
Note that in cases where digitized audio is available for feature extraction, these data are 
transferred directly fi-om the host computer bus 26 via the PCI bus interface 25 to the digital 
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signal processor 22, bypassing anti-alias lowpass filters 19, channel multiplexer 20, and analog 
to digital converter 21. 

[0058] The audio signal processing necessary to perform the feature extraction is preferably 
performed in software or firmware installed on digital signal processor 22, as depicted in Figure 
5, Figure 5 depicts the preferred processes for extracting features from audio waveforms. These 
processes include computing sequences of power spectra, integrating spectral power over several 
frequency bands, and decimating the integrated spectral power sequences to form a set of low 
bandwidth feature time series. Digitized audio samples from one of the signal sources are 
grouped into a sample set 27 and merged with one or more previous sample sets 28 to form a 
window into the audio time series for periodic spectral analysis. The size of this window 
determines the spectral resolution while the size of the new sample set 27 determines the interval 
between updates. Once a block of data has been prepared for analysis, it is multiplied by a 
function such as a Harming window 29 to reduce the spectral leakage due to so-called end-effects 
caused by finite block size. The resultant time series is then processed by a Fast Fourier 
Transform (FFT) 30 to produce the complex spectrum. The power spectrum 31 is then 
calculated from the complex spectrum by summing the squares of the real and imaginary 
components of each frequency bin. 

[0059] An example of the resulting audio power spectrum 31 is shown in Figure 6. Figure 6 
illustrates a typical audio power spectrum and the partitioning of this spectrum into several 
frequency bands. Lower frequency bands are preferably narrower than the higher frequency 
bands to balance the total power in each band and to match the human auditory characteristics. 
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This figure also indicates the partitioning of the spectrum into several frequency bands. The total 
power in each of the frequency bands is foxind by integrating the power contained in all of the 
frequency bins in the respective bands as shown in 32. Each time the above processes are 
performed, a new set of feature measurements is generated. In most cases the update rate will 
still be much higher than desired from the point of view of feature bandwidth and the resulting 
data rate. For this reason, the sample rate is reduced by processing each frequency band feature 
sequence by a polyphase decimating lowpass filter 33. In the preferred embodiment of the 
invention, this results in an audio feature sample rate of approximately 10 Hz. 

[0060] Figure 7 is an example of a set of feature waveforms extracted from an audio signal. In 
the case of the signal recognition process, a set of 64 consecutive samples is collected from each 
feature waveform to construct recognition feature packets. In constructing reference pattems, 
each feature waveform is broken into segments that are 128 samples long and are overlapped by 
64 samples. This ensures that an unknown input sample feature packet will be completely 
contained in at least one of the feature reference segments. The overlapping segmentation of a 
single feature is illustrated in Figure 8. This segmentation is applied to all available features. 
Figure 8 illustrates the partitioning of a single feature waveform into overlapped segments. 
These segments are then normalized, processed, and stored in the pattem database for later 
recognition. 

[0061] The procedure for generating reference pattems is illustrated in Figure 9. Figure 9 
shows the signal processing steps that are preferably used to generate a reference pattem data 
structure from the feature time series waveforms. First, the features from the entire work are 
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grouped into a sequence of . overlapping time segments in Step S91. Each feature from each 
segment is then block-scaled to a fixed total power in Step S94. The scaled feature is then 
processed by a Fast Fourier Transform (FFT) in Step S95 to produce the complex spectrum. The 
sliding standard deviation of the scaled feature is also computed over an interval equal to half of 
the segment length in Step S96. The individual data structures representing each feature of each 
segment are then constructed in Step S97. When all features of all segments, have been 
processed (via Steps S92, S93, S98, and S99, the features within each segment are rank-ordered 
according to their information content in Step SI 00. The top level of the pattern data structure is 
then constructed in Step SI 01, and the reference pattern data structure is saved in Step SI 02. In 
more detail, for each feature of each segment, the feature waveform is first block-scaled to a 
fixed total power. This assures that the precision and dynamic range of the signal processing is 
preserved. The scale factor used in this scaling is saved. Next the Fast Fourier Transform (FFT) 
of the feature waveform is computed, yielding the complex spectrum that is used in the fast 
correlation algorithm. A sliding standard deviation (RMS) of the feature waveform is also 
computed for use in properly normalizing the correlation functions. In the preferred embodiment 
of the invention the standard deviation is calculated for each of 64 positions within a 128 sample 
segment using a window that is 64 samples long. Once all features of all segments have been 
processed as described above, the information content of each feature from each segment is 
measured. The measure of information content used in the preferred embodiment is the degree 
of spectral dispersion of energy in the power spectrum of each feature. This can be statistically 
estimated from the second moment of the power spectrum. Features with widely dispersed 
energy have more complex structure and are therefore more distinctive in their ability to 
discriminate among different patterns. The features within each segment are then rank-ordered 
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by their information content so that the most useful features will be used first in the pattern 
recognition process. Features with too little information to be useful are deleted from the 
reference pattern data structure. Next, the detection parameters are computed. Each feature is 
correlated with a large number of pattern samples that do not match the pattern under 
consideration. The statistical distribution that results characterizes the false alarm behavior of 
the feature. Acceptable detection and rejection probabilities are then computed from the joint 
probability of false alarm. These are stored as detection and rejection thresholds to be used in 
the pattem recognition process. 

[0062] The reference pattem database structure of the preferred embodiment is illustrated in 
Figure 10. This structure contains two types of information, both of which .are indexed by a 
imique Pattem Identification Code 43. The first is a descriptive data record 45 that contains 
administrative information such as the name 451, type 452, author 453, and publisher 454 of the 
work. Also included are various industry standard identification codes and data that describe the 
source media and initialization time and date. The pattem identification code is also included in 
this record to allow cross-checking of the database, such as the ISWC 455, the ISRC 456, the 
ISCI 457, the source 458, the duration 459, the initialization date 460, and the initialization time 
461. Figure 10 illustrates the preferred structure of a database reference pattem entry. The 
reference pattem identification code 43 may be used for both the reference pattem data structures 
and a data structure that describes the work. The reference pattem data structure includes a list 
of pointers to segment descriptors. Each segment descriptor contains pattem and segment 
identification codes and a list of pointers to feature structures. Each feature structure comprises 
pattem, segment, and feature identification codes and the pattem data itself Included in the 
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pattern data are the scale factor used to normalize the data, the standard deviation of random 
correlations, a detection probability threshold, and a rejection probability threshold. After these 
parameters are the complex spectrum of feature time series and the sliding standard deviation 
(RMS) of the feature time series. Each component of the overall data structure may also contain 
a checksum to validate data integrity. 

[0063] The second part of the preferred database is a hierarchical set of data structures that 
contain the reference pattern data itself plus the information needed to process the data. At the 
top of this hierarchy is the Pattern Descriptor Block 44. This block contains the pattern 
identification code 43 to allow integrity checking of the database and the pattern type 441. Next 
is a number that indicates the number of segments 442 in the pattern and a set of pointers 443 to 
Segment Descriptor Blocks 46. A checksum 444 may also be included to verify the integrity of 
the block. The Segment Descriptor Blocks 46 contain the pattern identification code 43, pattern 
type 462, and segment number 463 to verify the integrity of the data structures. Next are the 
number of features 464, a list of pointers 465 to feature blocks, and an optional checksum 466. 
Each Feature Block 47 contains the pattern identification code 43, pattem type 471 (audio, video, 
mixed, etc.), segment number 463, and feature type 472 (audio, video, etc.). Next is the scale 
factor 473 that was used to block scale the feature waveform during initialization followed by the 
standard deviation 474 of background (false) correlations that was computed fi'om the false 
alarm correlation distribution. The detection and rejection probability thresholds 475 and 476, 
respectively are included next. These are used to determine whether a detection can be 
confirmed, a false alarm can be confirmed, or if another feature must be evaluated in order to 
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decide. The complex spectrum 477 of the feature data is included next, followed by the sliding 
standard deviation (RMS) 478 of the feature waveform that is used to normalize the raw 
correlation functions. A checksum 479 may also be included. 

[0064] Figure 1 1 illustrates the preferred real-time feature preprocessing that may occur prior 
to real-time pattem recognition. A new block of feature data is acquired in Step SI 11 and the 
mean is removed from each feature in Step S112. Each feature is then normalized in Step SI 13 
to fixed total power. The normalized feature blocks are then padded in Step SI 14 to double their 
length by appending zeros. The Fast Fourier Transform of each feature block is then computed 
in Step S115 to produce the complex spectrum. In more detail, Figure 1 1 identifies the steps that 
are used to prepare a new input feature block for pattem recognition. The raw input feature set 
comprises a set of time series waveforms representing captured samples. First, the mean value 
of each feature is removed. Next, each feature in the input block is normalized by dividing each 
feature data value by the standard deviation calculated over the entire block. Each normalized 
feature time series is then padded with zeros to double its duration. This is a preferred step in the 
fast correlation process to prevent circular time wrapping of data values from distorting 
correlation values. The fast Fourier transform (FFT) of each feature is then computed, producing 
a complex spectrum. 

[0065] Figure 12 shows the preferred strategy and procedure used to identify a work using a 
subset of available features. Briefly, the unknown input feature block is compared with each 
segment of a particular work. For each segment of a work, features are evaluated sequentially 
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according to their information content. The probability of false alarm is estimated each time new 
information is added. Detection/rejection decisions are made on the basis of two sets of 
probability thresholds. In more detail, the pattern recognition processes employed in the 
preferred embodiment of the invention are illustrated in the multiple feature correlation process 
shown in Figure 12. When a new input feature block is acquired, it is compared with candidate 
patterns on one or more of the reference pattem lists. After initializing this list in Step S121 to 
access the next pattem to be evaluated in Step SI 22, the first feature is selected from both the 
unknown input and the reference pattem in Step SI 23. The cross-correlation function is then 
computed in Step SI 24. The correlation function has a value of one for a perfect match, zero for 
no correlation, and negative one for a perfect anti-correlation. The maximum value of the 
correlation function is then found. Next the correlation peak value is divided by the standard 
deviation of background (false) correlations that was found in the initialization process to yield 
the number of standard deviations from the mean value of zero. Using Gaussian statistics, an 
estimate the probability that this event occurred randomly (a false alarm) can be determined in 
Step S125, and correlation peaks are matched in Step S126. The process is repeated for 
subsequent features at the same instant of time. The resulting probabilities of false alarm for the 
individual features are multiplied to produce a composite false alarm probability in Step SI 27. 
The composite probability of false alarm (PFA) is then compared with an upper limit in Step 
SI 28. If the composite PFA exceeds this limit, the candidate detection is deemed to be a false 
alarm and the pattem is rejected in Step SI 29. Otherwise, the composite PFA is compared with 
a lower limit in Step S 1 30. 
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[0066] If the composite PFA is less than the lower limit in Step SI 30, the probability that the 
event is due to random events is deemed to be sufficiently low that the event must be a legitimate 
pattern recognition. The detection event is then logged in Step SI 31 along with the time and 
date of its occurrence and the channel number or source. Additional information regarding the 
remaining time in the recording is passed to the scheduler to allow it to make more efficient 
scheduling plans. If the composite PFA is above the lower limit in Step SI 30 and is below the 
upper limit in Step SI 28, the cause of the event is still imcertain and requires the use of 
additional information from other features. This process of correlating, estimating individual 
feature PFA's, updating the composite PFA, and evaluating the composite PFA is repeated via 
Steps SI 32 and SI 33 imtil a decision can be made in Step SI 34 and the next segment can be 
obtained in Step SI 35. Note that a new pair of PFA limits is used each time that a new feature is 
added. In addition, the upper and lower PFA limits for the last available feature are set to be 
equal to force a decision to be made. The above processes are repeated for all time segments of 
all pattems on the candidate pattern list. This could result in simultaneous detections of two or 
more pattems. If such simultaneous detections occur, this could indicate that one work or 
recording is a composite of other initialized works. 

[0067] Figure 13 illustrates the preferred feature correlation process between an unknown 
feature complex spectrum and a candidate reference pattern complex spectrum. Briefly, the 
cross-power spectrum is first computed prior to computing the inverse FFT, yielding a cross- 
correlation function. The first half of this is normalized by the sliding standard deviation. The 
second half of the correlation functions contains circularly wrapped values and is discarded. 
Figure 13 illustrates the steps in performing the fast correlation algorithm using the complex 
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spectra of the feature waveforms from the imknown input and an initialized reference pattern 
from the database. These spectra are first muhipUed to produce the complex cross-power 
spectrum in Step 136. The Inverse Fast Fourier Transform is then applied to the cross-spectrum 
to obtain a raw correlation function in Step SI 37. The first half of this correlation function is 
then normalized in Step SI 38 by the sliding standard deviation (RMS) previously computed 
during initialization and stored in the feature structure of the pattern database. The second half 
of the correlation function represents circularly time-wrapped values that are discarded in Step 
S1395 and the maximum value of the correlation function is found in Step S140. An example of 
a properly normalized feature correlation is shown in Figure 14. 

[0068] Figures 15(A), 15 (B), and 15 (C) illustrate how false detection probabilities are derived 
from a distribution of random correlation values. As shown in Figure 15(A), the probability 
density function of mismatched correlation values is estimated for a large group of background 
patterns during initialization. The cumulative distribution function shown in Figure 15(B) is then 
estimated by integrating Figure 15(A). Finally, the probability of false alarm is estimated by 
subtracting the cumulative distribution function from one as shown in Figure 15(C). In more 
detail, these figures illustrate how false detection probabilities can be estimated from the feature 
correlation values and the standard deviation of background (false) correlations calculated during 
initialization. It has been found that the distribution of random correlations is approximately 
normal resulting in a probability density function resembling Figure 15(A). In the preferred 
embodiment of the invention, the correlation values are divided by the standard deviation of 
background correlations. This yields the number of standard deviations from the expected value. 
The cumulative distribution function shown in Figure 15(B) indicates the probability that a 
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correlation value expressed in standard deviations will encompass all legitimate detections. For 
example, if the standard deviation of background correlations was found to be 0.3 during 
initialization and we compute a correlation value of 0.6 during pattern recognition, the 
correlation value is 2 standard deviations above the expected (mean) value for all correlations. 
From Figure 15(B) we surmise that this correlation value is greater than 97.7 percent of all 
randomly occurring correlation values. The probability that a random correlation will exceed 
this value is therefore only 2.3 percent. This is illustrated in Figure 15(C) where we define the 
probability of false alarm for an individual feature to be PFA = l-CDF((correlation peak)/sigma). 
In the preferred embodiment of the invention these probabilities are stored in a table for rapid 
lookup. Assuming statistical independence of the features, the probability that simultaneous 
false detections of features will occur is simply the product of the individual probabilities of false 
alarm. 

[0069] Persons of ordinary skill in the audio-recognition art will readily perceive that a number 
of devices and methods may be used to practice the present invention, including but not limited 
to: 

[0070] FREE-FIELD AUDIO CAPTURE AND STORAGE. A method and portable apparatus 
for the selective capture and digital storage of samples of the local audio environment. Either the 
audio waveform or compressed features of the audio waveform may be stored. The audio 
capture device contains a microphone, signal conditioning electronics, analog-to-digital 
converter, digital signal processor, and a memory for storage of captured audio samples. 
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[0071] AUDIO DATA TRANSFER. A method and apparatus for electronically transferring 
stored audio waveforms or compressed features of audio waveforms from the portable capture 
device to a central site for identification. This method may utilize the Internet or other data 
network. Alternatively, a direct connection to a host computer site may be used to transfer audio 
samples for identification. 

[0072] FEATURE EXTRACTION. A process for the extraction of recognition features of the 
audio samples. This process includes measuring the energy in a plurality of frequency bands of 
the audio signal. Sequences of these measurements represent time series features that are used to 
construct reference patterns for the pattern database. Similarly processed features from unknown 
audio samples are used for signal identification. 

[0073] PATTERN INITIALIZATION. A process for constructing reference patterns from 
audio features of works to be identified. This process accepts as its input feature time series 
waveforms from an entire work to be identified. Each feature is then broken into overlapping 
time segments. The segmented feature time series are normalized to fixed power in each 
segment of each feature. A sliding standard deviation is calculated for each segment of each 
feature for use in post-processing feature correlation functions during the recognition process. 
These data are then formatted into reference pattern data structures for storage in a pattern 
database. 

[0074] PATTERN RECOGNITION. A process for comparing the unknown captured audio 
samples transferred from users with reference patterns stored in the pattern database. The 
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recognition process involves the calculation of correlation functions between features of the 
unknown audio blocks and corresponding features of works stored in the pattern database. For 
each correlation function, the probability that it occurred randomly is estimated. Additional 
features are computed as needed and are iteratively evaluated to determine the joint probability 
of random false detection. This process is repeated until a detection can be conclusively 
confirmed or until it can be conclusively rejected. When a captured audio feature block is 
identified, the name of the work and the artist are reported to the user. Otherwise it will be 
declared to be unknown. 

[0075] TRANSACTION MODEL. A method has been devised to allow users to carry a small 
audio collection device to capture unknovm samples of music that are heard on radio,, television, 
or any other source of audio recordings. The unknown audio samples are subsequently 
electronically transferred to a host computer site. The host computer compares the samples 
transmitted by the user with patterns stored in a reference pattern library stored on the host. The 
host computer informs the user of the identity of the unknovra work if the identification was 
successful. Optionally, a brief audio sample may be sent to the user for confirmation of the 
identity. The user is then given the opportunity to purchase the recording on-line, through the 
recognition server or another commercial server on the Internet or in the same network. 
Alternatively, the user may be directed to a local retailer where the recording can be purchased. 

3. Conclusion 

[0076] Thus, what has been described is a methodology and a system which allows users to 
capture audio samples using a small hand-held device. These samples typically represent free- 
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field audio fi"om unknown songs or other recorded media. Captured audio or audio features are 
transmitted to a central site for identification. Also described is a method and apparatus to 
automatically recognize audio performances in an accurate and efficient manner. Optionally, 
users are provided the opportunity to purchase recordings once they have been identified. The 
feature signal extraction fiinction can be performed by either the hand-held device or the 
personal computer. Also, the feature extraction and communication functions may be embodied 
in software which is uploaded to the hand-held device and/or the personal computer. Likewise, 
the feature signal extraction and pattern recognition fimctions may be incorporated into software 
running on the recognition server. 

[0077] The individual components shown in the Drawings are all well-known in the signal 
processing arts, and their specific construction an operation are not critical to the operation or 
best mode for carrying out the invention. 

[0078] While the present invention has been described with respect to what is presently 
considered to be the preferred embodiments, it is to be understood that the invention is not 
limited to the disclosed embodiments. To the contrary, the invention is intended to cover various 
modifications and equivalent structures and functions included within the spirit and scope of the 
described embodiments and overview. 
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